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Abstract
The problem of delivering personal audio content to listeners sharing
the same acoustic space has recently attracted attention. It has been
shown that a perceptually acceptable level of acoustic separation be-
tween the listening zones is difficult to achieve with active control in
non-anechoic conditions. A common problem of strong first order re-
flections has not been examined in detail for systems with practical
constraints. Acoustic contrast maximization combined with optimiza-
tion of source positions is identified as a potentially effective control
strategy when strong individual reflections occur. An analytic study
is carried out to describe the relationship between the performance of
a 2×2 (two sources and two control sensors) system and its geome-
try in a single-reflection scenario. The expression for acoustic contrast
is used to formulate guidelines for optimizing source positions, based
on three distinct techniques: Null-Split, Far-Align, and Near-Align.
The applicability of the techniques to larger systems with up to two
reflections is demonstrated using numerical optimization. Simulation
results show that optimized systems produce higher acoustic contrast
than non-optimized source arrangements and an alternative method
for reducing the impact of reflections (sound power minimization).
PACS numbers: 43.60.Fg, 43.55.Jz, 43.38.Hz, 43.60.Pt
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I. Introduction
The problem of sound zones arises from the desire to reproduce different audio mate-
rial for listeners occupying the same acoustic space. It is possible to create independent
listening regions using an array of loudspeakers and active control of sound1. Such a per-
sonal audio system offers a useful alternative to headphones, which may be uncomfortable
when worn over long periods, impede conversation, and hinder audibility of sounds from the
environment.
The main requirement for a sound zone system is to produce large acoustic separation
(acoustic contrast) between two or more regions in space by attenuating the audio played for
one listener in locations occupied by the others. In sound zone nomenclature, each listener
occupies the acoustically bright zone for their own audio program while remaining in the dark
zone for other programs. The minimum acoustic contrast required for the listener to find the
interference from the unwanted program acceptable depends on the program type and the
listening circumstances, and may be in the range of 10–40 dB2. The capability of a system to
produce such contrast may depend on parameters such as the number of sources and control
sensors, their geometry, sound zone size and relative position, control method, and the
acoustic environment. Experimental results reported in the literature show that the lower
bounds of the required contrast are attainable and can be exceeded by most physical systems,
irrespective of their specification or acoustic conditions3–12. The upper limit has only been
approached in an anechoic or a strongly damped room8,9, or with the zones located close to
the sources4,10 where the direct-to-reverberant energy ratio (DRR) is large. This indicates
the damaging effect of room reflections on contrast. The amount of contrast deterioration
a)Portions of this work were presented in M. Olik, P. J. B. Jackson, and P. Coleman, ”In-
fluence of low-order room reflections on sound zone system performance,” in Proceedings of
Meetings on Acoustics, Vol. 19, 2013. Presented at ICA 2013, Montreal, 2-7 June 2013.
b)Electronic address: Electronicaddress:m.olik@surrey.ac.uk
c)Present address: Dynaudio A/S, Sverigesvej 15, DK8660, Skanderborg, Denmark.
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due to reflections has been quantified in studies that evaluated the same systems both under
anechoic and reflective conditions4,9,10,13. These results are summarized in Table I, showing
that the lowest contrast decreased by at least 5 dB when reflections occurred. For systems
just reaching the required minimum contrast under anechoic conditions, such a change may
render interference from the competing sound program perceptually unacceptable.
Methods for reducing the impact of reflections on the performance of sound zone systems,
that are complementary to passive acoustic treatment or locating the sources close to zones,
have also been investigated. Elliott et al.13 proposed regularization as a means for improving
contrast in a diffuse sound field. Simo´n-Ga´lvez et al.11 used loudspeakers with hyper-cardioid
directivity to reduce radiation to the back of the array, potentially diminishing the influence
of reflections from the wall behind. Wen et al.14 showed the advantages of using the optimal
beamformer with a constrained control effort (maximum control gain method, also referred
to as brightness control (BC)1,15, or control effort minimization5) in a reflective room. The
problem of limiting the influence of indirect sound on performance has not be discussed
explicitly in other sound zone studies, but techniques that can reduce the array radiation
similarly to regularization, directive sources, or effort-constrained beamforming have been
discussed. These included the sound power minimization (SPM) method5,16 and surrounding
the bright zone with a two-layered source array17. In a number of studies, room responses
were incorporated into the source weight optimization process, which resulted in active
attenuation of reflections in the dark zone4,9,10,12.
A detailed evaluation of the methods listed above has not been carried out in reflective
rooms. Selecting a sound zone reproduction strategy that is best suited for a particular
system and type of room is therefore an unsolved problem. In commercial systems for
sound reproduction in the home it is often desirable to reduce the system size, as rooms
are not used exclusively for listening. Acoustic studies on domestic rooms show typically
low reverberation time and uneven distribution of absorptive materials such as furniture and
decorative elements18. In such rooms the sound field is far from diffuse and can be dominated
by the direct sound and specular first order reflections19 (for instance from exposed walls)
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that affect sound reproduction when uncontrolled20. Furthermore, contrary to headrest
systems4,5, locating loudspeakers close to the listener is usually impractical. Motivated by
such applications, this article focuses on determining the most suitable control strategy for
small domestic sound zone systems with strong individual room reflections and developing
techniques for increasing the contrast with loudspeakers displaced from the listener.
First, sound zone generation strategies that can be effective with small systems are
considered (Sec. II). Combining the acoustic contrast control (ACC) method15 with opti-
mization of source positions is identified as a means of maximizing contrast when strong
isolated reflections occur. The optimization problem is examined systematically, starting
with the analysis of a 2×2 system (two monopole sources and two control sensors) with
a single surface (Sec. III). The expression for acoustic contrast produced by the system is
derived, providing a common framework for exploring directivity optimization and active at-
tenuation of a reflection. The analysis (Sec. IV) results in three techniques to reduce indirect
sound in the dark zone: Null-Split (pointing the directivity null at the surface and exploit-
ing the array symmetry), Far-Align (null sharing between the dark zone and surface) and
Near-Align (taking advantage of the spatial match between the sources and their images
with respect to the dark zone). The geometrical requirements for improved direct sound
control discussed in the literature4,5 are also formalized and put on a common algebraic
footing with the Null-Split, Far-Align, and Near-Align techniques. Furthermore, acoustical
simulations are used to formulate guidelines for selecting the most suitable technique for a
given system–surface geometry (Sec. V). Source positions are also optimized numerically for
the 2×2 and extended systems (2×50 and 3×50) with up to two surfaces, and the obtained
geometries are related to the analytic solutions. The optimized systems are evaluated for
acoustic contrast, and the results are compared with those of non-optimized configurations,
an alternative reflection strategy (SPM), and the upper contrast limit produced by the sys-
tem optimized for and performing under anechoic conditions. Finally, the robustness of the
techniques to implementation errors is examined and the conclusions are drawn (Sec. VI).
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II. Background
In this section, aspects of direct sound and reflection control with small systems are
discussed and methods for improving performance are identified, followed by the introduction
of a 2×2 sound zone system. The acoustic contrast measure and the ACC method are also
described.
A. Identification of a suitable control strategy
In the considered acoustic environment, a sound zone system must be able to attenuate
the direct sound and low order reflections effectively in the dark zone, while directing sound
energy into the bright zone to produce large contrast. The aforementioned ACC method has
been shown to provide large contrast over a wider bandwidth than least squares pressure
matching10,11,21 (PM) with a limited number of sources under anechoic conditions1. Fur-
thermore, it was demonstrated for small systems operating in a free field that ACC can
outperform SPM or BC5. The effectiveness of ACC in controlling the direct sound will
depend, among other things, on source positioning. With a limited number of control sen-
sors in commercial systems, a compact source arrangement may be beneficial. This was
demonstrated by Elliott and Jones4 who examined a pair of free-field monopoles, arranged
to simulate a personal audio system for listeners in two adjacent aircraft seats. Compared
to a widely-spaced array, compact sources resulted in a broader directivity null that encom-
passed all of the dark zone sensors, thus improving contrast. The above discussion warrants
the choice of ACC based on a compact source array as the most suitable approach for the
considered problem, provided that appropriate handling of reflections is ensured.
In the presence of a strong reflection, locating the source on the reflecting surface avoids
interference from image sources, but restricts the array geometry and may not always be
feasible. An alternative approach could be to use regularization to keep the array effort below
a certain limit1. This would reduce the radiation from the array at problematic frequencies,
increasing the system’s robustness to reflections. However, contrast achieved for the direct
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sound could deteriorate1. For a specific acoustic environment, limiting the array radiation in
the directions of the strongest reflections into the dark zone offers a more focused approach.
Optimizing the array directivity so that the nulls are aligned with such directions is therefore
a valid alternative to regularization. The nulls can be steered by adjusting source weights
and positions with respect to the dark zone and surfaces22. This can be complementary to
using directive sources.
By considering a reflection in the source weight optimization process, the ACC method
will attenuate or cancel it at the control points in the dark zone. This process is subject
to the same limitations as local dereverberation in room equalization (canceling or reducing
any reflected signals at listening positions)23 or active noise control24. A common problem
is a rapid drop of performance with increasing distance from the control points25,26. This
can be alleviated by controlling both pressure and pressure gradient27,28, adding sensors25,29,
preconditioning room responses (smoothing)30, or geometrical optimization to improve the
match between the direct and reflected wavefronts at the control points31. The last method
offers the most practical benefits, as it may improve attenuation away from the control
locations without additional equipment or signal processing.
The above discussion indicates that ACC with optimized source positions is a poten-
tially effective strategy for maximizing contrast with small systems when strong individual
reflections occur in a room. Source position optimization will be the focus of Secs. IV and
V, after the background to the problem has been presented.
B. Sound zone system under analysis
Fig. 1 shows the sound zone system under analysis. The elementary geometrical scenario
of two-dimensional zones and reflections propagating in the same plane is considered. Bright
zone A is controlled by a single setup sensor and evaluated using N monitor sensors. The
geometrical center of the monitor sensor array coincides with the setup sensor. Dark zone B is
defined similarly. By defining distinct setup and monitor locations, the effect of performance
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drop with distance from the setup sensors26 can be included in the analysis and simulations
bias in performance predictions is reduced32. There are two monopole sources whose spacing
d is small compared to the distances between the sources and any of the sensors. Each
source is paired with an image generated by the reflecting rigid surface with a magnitude
of reflection coefficient, 0 ≤ γ ≤ 1. The distances between the source array center and the
sensors in zone B are defined as rB and sBn for the setup and the monitor sensors respectively,
where n = 1,2, ...,N . The angles between the array axis and the lines between the source
array center and the sensors in zone B are defined as φB and θBn for the setup and monitor
sensors respectively. For the image sources, the distances and angles are defined by adding
the superscript ′ to the quantities defined for the physical array. Transfer functions between
each source and the setup sensor in zone B, at a single frequency, are
GB1 =K(e−jk(rB+dcosφB/2)
rB
+ γe−jk(r′B+dcosφ′B/2)
r′B ),
GB2 =K(e−jk(rB−dcosφB/2)
rB
+ γe−jk(r′B−dcosφ′B/2)
r′B ),
(1)
where K = jρck/4pi in which ρ is the air density, c is the speed of sound, and k is the
wavenumber proportional to frequency. By analogy, transfer functions between each source
and the nth monitor sensor in zone B are
ΩBn1 =K(e−jk(sBn+dcosθBn/2)
sBn
+ γe−jk(s′Bn+dcosθ′Bn/2)
s′Bn ),
ΩBn2 =K(e−jk(sBn−dcosθBn/2)
sBn
+ γe−jk(s′Bn−dcosθ′Bn/2)
s′Bn ).
(2)
It is convenient to define the sound pressure at each sensor using the principle of super-
position. The complex pressure at the setup sensor in zone B, at a single frequency, can
therefore be written as pB = GBq, where GB = [GB1, GB2 ] and q = [ q1, q2 ]T is the vector of
complex source weights. Similarly, sound pressure at the nth monitor sensor in zone B is
oBn = ΩBnq, where ΩBn = [ΩBn1, ΩBn2 ]. For zone A, the distances, angles, transfer functions,
and pressures are defined similarly.
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FIG. 1: A 2×2 sound zone system. Symbols: ∎ source, ◻ image source, — array axis, ●
setup sensor, ○ monitor sensor, surface.
C. Acoustic contrast
The system’s success can be quantified by evaluating the ratio of the sum of modulus
squared sound pressures at monitor sensors in zone A and zone B. This ratio, known as
acoustic contrast, is defined by
Contrast = 10 log10 (∑Nn=1 ∣oAn∣2∑Nn=1 ∣oBn∣2) . (3)
Large acoustic contrast indicates that the interference from the sound program targeted at
zone A is acceptable for the listener in zone B (see Sec. I).
D. Acoustic contrast control
ACC is a sound energy control method that aims to maximize the acoustic contrast
between the setup locations in zones A and B15. The optimal source weights can be found
by solving a constrained optimization problem using the method of Lagrange multipliers.
The squared pressure in zone B is to be minimized with the constraints that the squared
pressure in zone A and the sum of squared source weights (array effort) are set to certain
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chosen values. This leads to the following Lagrangian function:
J = qHGHBGBq + µ (qHGHAGAq −A) + β (qHq −E) , (4)
where µ and β are the Lagrangian multipliers, and A and E are the chosen values of the
squared pressure at the setup sensor in zone A and the array effort respectively. The mini-
mum of function J can be found by calculating partial differentials with respect to q, µ and
β and setting them to zero, which yields
(GHAGA)−1 (GHBGB + βI)q = µq, (5)
as well as qHGHAGAq = A and qHq = E. The optimal source weight vector is therefore
proportional to the eigenvector qˆ corresponding to the largest eigenvalue of the matrix(GHBGB + βI)−1 (GHAGA) (after Elliott et al.13). The constraint that the squared sound
pressure in zone A must be equal to a value A can be enforced by multiplying qˆ by an
appropriate scaling factor and the effort constraint can be satisfied by adjusting the value
of β. The latter therefore regularizes the matrix GHBGB. Alternatively, β can be set to a
frequency independent value that is large enough to ensure validity of the numerical solution,
for instance when the number of setup sensors in zone B is lower than the number of sources
(in such cases, the matrix GHBGB is singular). For a 2×2 system, the regularized ACC
solution is equivalent to crosstalk cancellation7 and PM11.
III. Analytical Solution
This section presents the analytical solution to the ACC problem. Hence, the expression
is derived for acoustic contrast produced by the examined system.
A. Optimal source weights
The ACC problem can be solved analytically using the procedure outlined in Sec. II.D.
For a general 2×2 system, a regularized solution must be derived (GHBGB is singular). Eq. (5)
was therefore used to find the elements of the unscaled optimal source weight vector qˆ.
10
The ratio of these elements formed an expression that included terms in the regularization
parameter β. These terms were neglected assuming β → 0. The resulting expression for
the unit vector is qˆ = 1Q[GB2,−GB1 ]T , where Q = √GB2G∗B2 +GB1G∗B1 with the superscript ∗
denoting a complex conjugate. Substituting this result into pˆB = GBqˆ shows that, with no
regularization, the sources simply cancel the sound pressure at the setup sensor in zone B.
ACC can therefore be considered as comprising direct and reflected sound cancelers.
B. Acoustic contrast expression
The complex sound pressure produced by the cancelers at the nth monitor sensor in zone
B can be defined as oˆBn = ΩBnqˆ = 1Q (ΩBn1GB2 −ΩBn2GB1). The squared sound pressure is
therefore
∣oˆBn∣2 =oˆBnoˆ∗Bn = 1∣Q∣2 (∣ΩBn1∣2 ∣GB2∣2 + ∣ΩBn2∣2 ∣GB1∣2−Ω∗Bn1ΩBn2GB1G∗B2 −ΩBn1Ω∗Bn2G∗B1GB2) (6)
Substituting Eqs. (1) and (2) into Eq. (6) yields
∣oˆBn∣2 =4∣K ∣4∣Q∣2 [(OˆDBn)2 + (OˆD′Bn)2 + (OˆRBn)2 + (OˆR′Bn)2+ OˆDD′Bn + OˆDRBn + OˆDR′Bn + OˆD′RBn + OˆD′R′Bn + OˆRR′Bn ], (7)
where OˆDBn, Oˆ
D′
Bn, Oˆ
R
Bn, Oˆ
R′
Bn, Oˆ
DD′
Bn , Oˆ
DR
Bn , Oˆ
DR′
Bn , Oˆ
D′R
Bn , Oˆ
D′R′
Bn , and Oˆ
RR′
Bn are the squared
sound pressure components that arise due to the operation of the direct and reflected sound
cancelers. The components are detailed in Table II. The superscripts D and R denote
the relationship of a direct pressure component with the direct or reflected sound canceler
respectively, and the superscripts D′ and R′ relate reflected pressure components with the
cancelers. The key components are: OˆDBn and Oˆ
D′
Bn—direct and reflected components due to
direct sound canceler respectively; OˆRBn and Oˆ
R′
Bn—direct and reflected components due to
reflected sound canceler respectively. It is noteworthy that these components can be related
to directivity patterns of first-order differential arrays33. The remaining components depend
on the key components. Eq. (7) and a similarly-defined squared sound pressure in zone A
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can be substituted to Eq. (3) to find contrast. Note that 4 ∣K ∣2 / ∣Q∣2 does not affect contrast,
as it is a common factor in the resulting expression.
IV. Geometrical Optimization: Analysis
In the following, the acoustic contrast expression is used to search geometrically for
system configurations that maximize the contrast. The solution is dominated by the poles
of Eq. (3) when sound pressure in zone B is close to zero. Eq. (7) is therefore analyzed to
find source positions that minimize pressure in that zone. System geometries that increase
the contribution of sound pressure in zone A to contrast are also investigated.
A. Minimization of sound pressure in the dark zone
The focus of this section is three techniques to minimize the squared sound pressure
components that arise from analysis of the reflection in zone B and the operation of the
reflection canceler: OˆD
′
Bn, Oˆ
R
Bn, Oˆ
R′
Bn, Oˆ
DD′
Bn , Oˆ
DR
Bn , Oˆ
DR′
Bn , Oˆ
D′R′
Bn , and Oˆ
RR′
Bn . Component O
D
Bn
produced by the direct sound canceler is also analyzed to inform the design of the systems’
secondary degree of freedom.
1. Null-Split technique. Component OˆD
′
Bn can be reduced directly by appropriate orien-
tation of the sources with respect to zone B. The orientation must be such that the difference
cos θ′Bn − cosφB, contained in OˆD′Bn, is minimized. Fig. 2a shows an example configuration
to achieve this aim. Ensuring that ±φB = ∓φ′B, where φB ≠ 0○, splits the directivity null
generated by the physical array between the direct and reflected paths to the setup sensor
in zone B; hence, the technique is referred to as the Null-Split. The principle is similar to
null-splitting between two dark zones, discussed by Jones and Elliott5. When the condition±φB = ∓φ′B is fulfilled, the value of cosφB falls within the range of values of cos θ′Bn that is
small for large distances of the image array from the zone. This is shown in Fig. 3a (top) for
the configuration from Fig. 2a. The values of the cosine difference are therefore relatively
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(a) Null-Split:±φB = ∓φ′B
φB ≠ 0○
𝜙𝐵
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B 
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∘ 
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φB = φ′B
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′ = 0∘ 
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∘ 
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(c) Near-Align:
φB ∈ {0○,180○}
φ′B = φB − 180○
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′ = 0∘ 
𝜙𝐵 = 180
∘ 
FIG. 2: Source positions for minimizing the reflected sound pressure in zone B. Symbols as
in Fig. 1.
low: −0.057 ≤ (cos θ′Bn − cosφB) ≤ 0.053. The condition ±φB = ∓φ′B deactivates the reflection
canceler. The components OˆRBn, Oˆ
R′
Bn, Oˆ
DR
Bn , Oˆ
DR′
Bn , Oˆ
D′R′
Bn , and Oˆ
RR′
Bn are therefore not pro-
duced. The only remaining reflection-related component is OˆDD
′
Bn which contains Oˆ
D′
Bn as a
factor; hence, low values of OˆD
′
Bn contribute to the reduction of Oˆ
DD′
Bn .
2. Far-Align technique. Components OˆD
′
Bn and Oˆ
DD′
Bn can also be reduced by aligning the
sources with the setup sensor in zone B and the surface, as shown in Fig. 2b. The array
is located further from the surface than the zone; therefore, the technique is referred to
as the Far-Align. When the condition φB = φ′B is met, the values of cosφB are included
in the range of the values of cos θ′Bn, as shown in Fig. 3b (top) for the configuration from
Fig. 2b. In this case, the endfire array significantly limits the range of cos θ′Bn, leading to−0.002 ≤ (cos θ′Bn − cosφB) ≤ 0; hence, larger reductions of the cosine difference values are
achieved compared to the Null-Split and the attenuation of reflection is effective over a larger
region. Non-endfire orientations of Far-Align are also possible, although they will attenuate
over a smaller area. The condition φB = φ′B deactivates the reflection canceler, similarly to
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FIG. 3: Ranges of angles between the array axis and the monitor sensors in zone B, and
the related cosine function values for configurations from Fig. 2 (indicated by the filled
regions).
the Null-Split case.
3. Near-Align technique. Another way to reduce the reflection’s impact in zone B is
to use the reflection canceler. Its operation can be optimized by aligning the sources with
the zone and surface, while ensuring that φB ∈ {0○,180○} and φ′B = φB − 180○, as shown in
Fig. 2c. Since the sources are located nearer to the surface than the zone, the method is
referred to as the Near-Align. The alignment, the endfire orientation, and the large distance
of the physical and image arrays from the zone result in cos θ′Bn − cosφB ≈ −(cos θBn −
cosφ′B). This is demonstrated in Fig. 3c for the configuration from Fig. 2c. In this case,
1.986 ≤ (cos θ′Bn − cosφB) ≤ 2 and −2 ≤ (cos θBn − cosφ′B) ≤ −1.970 is observed. The large
distance of the sources and images from the zone also results in rB ≈ sBn and r′B ≈ s′Bn,
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which in combination with the cosine relationship yields OˆD
′
Bn ≈ −OˆRBn. This approximation
is fundamental to active attenuation of the reflection, since it gives (OˆD′Bn)2 + (OˆRBn)2 + OˆD′RBn≈ 0, as well as OˆDD′Bn + OˆDRBn ≈ 0 and OˆD′R′Bn + OˆRR′Bn ≈ 0, which according to Eq. (7) reduces the
influence of OˆD
′
Bn and Oˆ
R
Bn, and the associated components in zone B. The Near-Align also
yields cos θ′Bn − cosφ′B ≈ 0, which reduces the remaining reflection-related components OˆR′Bn
and OˆDR
′
Bn . The configuration from Fig. 2c achieves −0.014 ≤ (cos θ′Bn − cosφ′B) ≤ 0, as shown
in Fig. 3c (top).
The properties of Near-Align indicate that an extended attenuation region is produced.
This characteristic was previously demonstrated by Guo and Pan31 for an active noise control
system based on a pair of widely spaced sources aligned with a single sensor, and forming
the right angle with the reflecting surface. The zone broadening was attributed to the match
between the direct and reflected wavefronts around the sensor. The Near-Align technique
extends the wavefront matching principle to a compact source arrangement. Moreover, the
impact of the principle on the bright zone sound field and the acoustic contrast has not been
examined—these problems is addressed in Secs. V.B and V.C.
4. Attenuation of direct sound. Component OˆDBn can be reduced using a source array
that is endfire with respect to the setup sensor in zone B, and located at a large distance.
This results in cos θBn − cosφB ≈ 0 and therefore small values of OˆDBn, as demonstrated in
Figs. 3b and 3c (bottom) for the configurations from Figs. 2b and 2c respectively. Far-Align
results in −0.030 ≤ (cos θBn − cosφB) ≤ 0, and Near-Align gives 0 ≤ (cos θBn − cosφB) ≤ 0.030.
In contrast, the Null-Split array yields −0.159 ≤ (cos θBn − cosφB) ≤ 0.110, as shown in
Fig. 3a (bottom). A smaller range of values for Far- and Near-Align indicates broadening
of the direct sound attenuation area. Elliott and Jones4 demonstrated such capability in
simulations for a pair of closely-spaced, free-field monopoles with endfire orientation in a
similar system.
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B. Bright zone considerations
While attenuating sound in zone B is of primary importance for producing large contrast,
the influence of the above techniques on the sound pressure in zone A must also be examined.
Source weights qˆ will result in a low efficiency of radiation into zone A at low frequencies,
which increases the array effort of the scaled source weights q13,16. To minimize the effort
and achieve large contrast, the produced SPL peaks should coincide with zone A5. With a
single surface, the peaks maintain a high DRR, and so collocating a maximum of the direct
sound radiation with zone A is a valid means of enhancing contrast and reducing effort.
Jones and Elliott5 observed that for a pair of free-field monopoles with the ACC weights,
the position of directivity peaks changed with the array orientation with respect to the dark
zone. Although these results indicate suitable zone A locations for the examined system,
it is desirable to define precise geometrical requirements that must be met to increase this
zone’s pressure contribution to contrast.
When determining the required position for zone A, it is sensible to consider the ge-
ometrical center of the monitor sensor array, which coincides with the setup sensor. The
direct component of the unscaled squared pressure at the setup sensor in zone A, (OˆDA )2, is
defined similarly to the component (OˆDBn)2 from Table II. Fig. 4a shows (OˆDA )2, normalized
and plotted in decibels against cos θA − cosφB and kd, that characterize the component’s
dependence on the angular distance from zone B and on frequency respectively. The range of
cos θA−cosφB covers all angular distances, and kd extends up to the spatial aliasing limit of
the source array. The pressure decreases by no more than 6 dB with respect to the maximum
in at least 2/3 of the frequency range for cos θA − cosφB ≤ −1 or cos θA − cosφB ≥ 1 (outside of
the grayed-out region of Fig. 4a). For −180○ ≤ φB ≤ −90○ or 90○ ≤ φB ≤ 180○, the inequalities
hold if −arccos (1 + cosφB) ≤ θA ≤ arccos (1 + cosφB), whereas for −90○ ≤ φB ≤ 90○ we must
have −180○ ≤ θA ≤ −arccos (−1 + cosφB) or arccos (−1 + cosφB) ≤ θA ≤ 180○. Such ranges of
θA are indicated by the white regions in Fig. 4b (results that will be discussed in Sec. V
are also included). Large pressures in zone A are therefore achieved if the zone’s center is
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FIG. 4: (a) The normalized direct squared sound pressure component at the setup sensor
in zone A, (OˆDA )2 (decibel scale with a −60 dB limit). Outside the grayed-out region,
10 log10((OˆDA )2)≥ −6 dB in at least 2/3 of the frequency range. (b) Ranges of θA that
increase the contribution of pressure in zone A to contrast (white regions). Arrays
corresponding to the marked values in Fig. 6: ♦ Null-Split, ▼ Far-Align,  Near-Align.
located on the other side of the axis normal than zone B’s setup sensor, and within the
required range of θA that is the largest for φB ∈ {0○,±180○} and decreases as φB → ±90○; in
the limit, the most suitable locations for zone A center are perpendicular to the axis normal
(in either direction). Note that except for this special case, for any given value of φB the
required range of θA consists of pairs of identical values with opposite signs. This means
that zone A center can be suitably located on either side of the array axis.
V. Geometrical Optimization: Simulations
Having derived analytic techniques for maximizing the acoustic contrast, simulations are
now presented. First, the Null-Split, Far-Align, and Near-Align techniques are compared
for a 2×2 system in various configurations. The results are used to formulate guidelines for
choosing the most suitable technique for a given position and orientation of the surface with
respect to the zones. Second, numerical optimization is employed to validate the techniques
and test their applicability to systems with additional control sensors, sources, and surfaces.
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Finally, the optimized systems are evaluated for contrast and robustness to implementation
errors.
A. Null-Split, Far-Align, and Near-Align comparison
Fig. 5 shows the 2×2 system with a surface in various positions and orientations, covering
the full range of possible scenarios. The surfaces were defined as lines tangent to a semi-circle
with the radius of 4.25 m and centered at (0.75 m, −1.25 m), which were spaced by 5○. In
each case, the frequency independent magnitude of the reflection coefficient was set to γ = 1,
which provided a worst-case perspective on the effects of reflections. The two square zones,
A and B, each contained one setup and thirty-six monitor sensors with 5 cm spacing. For
each surface, Null-Split, Far-Align, and Near-Align were evaluated. An array of two sources
with d = 5 cm spacing was moved around a circle of 2 m radius, centered at the zone B’s
setup sensor, to form the Far- and Near-Align arrangements. The Null-Split was produced
by rotating the array located halfway between the zones. In this location, the requirements
for a large contribution of zone A’s pressure to contrast, defined in Sec. IV.B, were satisfied
for a large number of surface positions.
Source weights were determined using regularized ACC (Sec. II.D). The regulariza-
tion was frequency independent with β = 10−6, which was the smallest value that avoided
singularity in the numerical solutions. This type of regularization parallels the approach
from the analysis in Secs. III and IV, where β was assumed to be negligible or infinitesi-
mal. The squared pressures in each zone were calculated for forty-four frequency bins with
one-twelfth octave band spacing in the range 250–3175 Hz. The motivation behind the log-
arithmic spacing was to avoid bias from regular variations of pressure over frequency. To
evaluate the system, the frequency-averaged squared pressure was calculated at each moni-
tor sensor. When calculating the averages, values at each frequency were linearly weighted
to compensate for the logarithmic spacing. The contrast was then obtained using Eq. (3).
Fig. 6 shows the contrast plotted against surface position. The marked values, contained
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FIG. 5: A 2×2 system with a surface in a number of locations. The surface is tangent to
the semi-circle at each angular position indicated by the arrowhead ▲. Remaining symbols:◻ zone, × source array center: Far- and Near-Align, ⊗ source array center: Null-Split,
— example array axis, example surface; in close-up: ● setup sensor, ○ monitor sensor.
in and bounding the thick portions of the contrast curves, were produced by the arrays
enclosed in the white regions in Fig. 4b (note that each array’s location can be determined
by the angles interpreted in either direction from the array axis). Therefore, the thick
portions of the curves correspond to the arrays that meet the positioning requirements for
the increased contribution to contrast of sound pressure in zone A. These arrays achieve
high contrasts (over 28 dB). Each technique has a range where it performs better than
the others: Far-Align in 0○ ≤ α ≤ 80○, Null-Split in 85○ ≤ α ≤ 120○, and Near-Align in
125○ ≤ α ≤ 180○. Considering the surface positions for which the techniques lead, the
following design guidelines can be formulated: (i) if the distance of both zones from the
surface is the same or similar, the sources should be positioned according to the Null-Split
rule; (ii) if the surface is closer to zone B than zone A, the Far-Align arrangement should
be chosen; and (iii) if zone A is closer to the surface than zone B, the Near-Align technique
applies.
For surfaces in ambiguous positions, a closer examination of geometrical options should
identify the best technique. In such cases, the arrays that fulfill the positioning requirements
for zone A should be the first choice, and the Far- and Near-Align should be preferred over
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FIG. 6: Frequency averaged acoustic contrast produced by the Null-Split, Far-Align, and
Near-Align arrays with a surface in different positions, as shown in Fig. 5. The arrays
producing the marked contrast values are indicated in Fig. 4b, thus the thick portions of
the curves correspond to arrangements that increase the contribution of pressure in zone A
to contrast.
Null-Split. According to Fig. 6, combining these selection criteria with the general guidelines
selects the best performing arrays for all the surfaces, except for 65○ ≤ α ≤ 80○ where zone A
is outside the required range for Far-Align, yet this solution outperforms the Null-Split. This
can be attributed to less effective attenuation in zone B by non-endfire Null-Split arrays, as
discussed in Sec. IV.A. However, the contrast differences between the two techniques in this
range are relatively small (less than 3 dB).
B. Numerical optimization of source positions
In this section, source positions are optimized by numerical search. This method has
advantages: (i) it provides independent validation of the proposed techniques; (ii) it has
capacity to reveal alternative techniques potentially overlooked in the analysis; (iii) it allows
straightforward extensions (additional sensors, sources, and surfaces); and (iv) it is directly
applicable to practical implementations. The considered systems are 2×2, 2×50, and 3×50,
with one or two surfaces. Fig. 7 shows the geometries considered in the optimization process.
There were three surfaces, each with γ = 1, considered either individually or in combination.
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FIG. 7: Configuration used in the numerical search for optimal source positions. Symbols:◻ zone, ⋓ source subset, surface; in close-up: ☆ fixed source, ∎ candidate source.
For the 2×2 system, the same sensor layouts as in Fig. 5 were used. For the 2×50 and
3×50 systems, there were twenty-five setup sensors in each zone, arranged on square 5 cm
grids that were centered at the setup sensor positions used for the 2×2 system. There were
thirty-six subsets of candidate sources located around zone B on a 2 m radius circle (10○
interval). Each subset contained a fixed source and candidate sources located on the inner
and outer arcs around that source. There were thirty-seven candidate sources on each arc
(5○ separation). In the 2×2 and 2×50 cases only the inner arc was considered, whereas for
the 3×50 system the candidates from both arcs were used.
The optimization procedure was based on the principle of a beam search: a small number
of solutions were developed in parallel to increase the probability of finding a good solution
with minimal search effort34. First, each subset was tested for the best array orientation.
For the 2×2 and 2×50 systems, this meant choosing the best out of thirty-seven source
pairs formed by the fixed source and each of the candidate sources located on the inner
arc. In the 3×50 case, the optimization algorithm chose the best of thirty-seven triples
formed by the fixed source and aligned pairs of candidates located on the two arcs. The
overall best performing configuration was then selected from the thirty-six preselected pairs
or triplets. The objective function was the frequency-averaged acoustic contrast, calculated
as in Sec. V.A. The source weights were determined similarly as in Sec. V.A and scaled to
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FIG. 8: Optimized source arrays for a 2×2 system with a single surface in different
locations: (a) North, (b) East and (c) West, and the sound pressure level maps at 1 kHz.
Symbols: ◻ zone, ⨉ array center, — array axis, surface.
produce 94 dB SPL in zone A (measured as the average SPL at the setup sensors).
1. 2×2 system with a single surface. Fig. 8 shows the optimization results for a 2×2
system with a surface in three different positions, overlaid on the SPL maps for the optimized
arrays at 1 kHz. The Null-Split, Far-Align, and Near-Align arrangements were chosen as
optimal for the North, East, and West surfaces respectively, which demonstrates the validity
of these solutions. The Null-Split produces a narrower null in zone B than the Far- and
Near-Align, which was indicated by the analytic results in Sec. IV.A. The array selection
follows the general guidelines from Sec. V.A. It was verified that all three arrays fulfilled the
positioning requirements for increased contribution of pressure in zone A to contrast, which
confirms that it is an important factor in the selection.
2. 2×50 system with a single surface. For the East and West surfaces, the sources
selected for the 2×2 and 2×50 systems were identical. This demonstrates the applicability
of the analytic Far- and Near-Align solutions to systems with extended setup sensor arrays.
A different solution was chosen in the North case, where the array approximated Far-Align,
as shown in Fig. 9a. The sources were shifted from the regular Far-Align position towards
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FIG. 9: Optimized source arrays with surfaces generating first order reflections, and the
sound pressure level maps at 1 kHz: (a) 2×50, North; (b) 3×50, North; (c) 2×2, East and
North; and (d) 2×2, East and West surface locations. Symbols as in Fig. 8.
zone A and rotated to remain endfire at zone B. Neither the Far-Align arrangement nor
the adjusted array met the positioning requirements for zone A. However, the adjustment
alleviated the effect of unwanted sound attenuation in that zone, increasing contrast at low
frequencies. The preference of this solution over Null-Split from Fig. 8a can be attributed
to null broadening, which improved contrast at middle and high frequencies.
3. 3×50 system with a single surface. For the East and West surfaces, the positions and
orientations of the arrays chosen for the 3×50 system were the same as for 2×2 and 2×50,
and in the North case the Near-Align arrangement was selected. These results indicate
the suitability of the Far- and Near-Align techniques for larger source arrays. The North
case is shown in Fig. 9b. The array does not satisfy the positioning requirements for zone
A—the direct sound in that zone is excessively attenuated, but this is compensated by
strong reflections produced by the array located close to the surface. These reflections
interfere with the direct sound, creating pressure nulls in zone A periodically at certain
frequencies. However, the influence of these nulls on contrast is balanced out by effective
cancellation—Near-Align facilitates destructive interference between the direct and reflected
sound, producing a localized minimum in zone B.
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4. Systems with two surfaces. Figs. 9c and 9d show the optimization results for the
2×2 system with two surfaces generating first order reflections. Fig. 9c shows the case with
two perpendicular surfaces. This layout combines the Far-Align (non-endfire) and the Null-
Split solutions for the East and North surfaces respectively. In Fig. 9d, two surfaces are
positioned in parallel. The chosen array forms the Far- and Near-Align arrangements for
the East and West surfaces respectively. For 2×50 and 3×50 systems with the same surface
combinations, the optimized source arrays had positions and orientations that were similar
to the 2×2 case. These results demonstrate that combining the Null-Split, Far-Align and
Near-Align techniques is a valid optimization approach when two strongly reflecting surfaces
coexist.
C. Evaluation of the optimized systems
In this section, the optimal arrays from Sec. V.B are evaluated for contrast and com-
pared with systems that represent different approaches to sound zone generation under
reflective conditions. For each system, three stages can be distinguished in the process:
source position optimization, source weights calculation, and sound field evaluation. At
each stage, the acoustic conditions can be either anechoic (abbreviated to A) or reflec-
tive (R). The systems described in Sec. V.B are ACC-based, with reflective conditions at
all stages (ACC Reflective-Reflective-Reflective). These are compared with fully anechoic
(ACC Anechoic-Anechoic-Anechoic) and mixed conditions (ACC A-A-R and ACC A-R-R)
systems. Furthermore, the performance of the arrays that actively attenuate reflections
with non-optimized source positions is evaluated by calculating the median (M) of contrasts
achieved by all the configurations considered in the optimizations (ACC M-R-R). Finally,
the aforementioned SPM method with source positions optimized for maximum contrast is
evaluated (SPM R-R-R).
The ACC A-A-A arrays have source positions and weights optimized for maximum con-
trast under anechoic conditions. With matching ideal conditions at the evaluation stage,
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they define the upper performance limit. Comparing the ACC M-R-R, ACC A-A-R, ACC
A-R-R, ACC R-R-R, and SPM R-R-R results with this limit will rank a number of dif-
ferent approaches to sound zone generation under reflective conditions. The ACC M-R-R
results will indicate the probable effect of attenuating reflections using an arbitrarily chosen
configuration (there is equal chance that contrast will be higher or lower than the median
value). Evaluating the ACC A-R-R and ACC A-A-R systems will show the effect of using
sources optimized for the direct sound only under reflective conditions, either with (A-R-R)
or without the reflection canceler (A-A-R). The performance of the ACC R-R-R systems
will demonstrate the impact of combining the reflection canceler and sources optimized for
the reflective conditions. Finally, the SPM R-R-R results will show the effectiveness of using
the power minimization approach to reduce the impact of individual reflections on contrast.
SPM adjusts the source weights, taking reflections into account, to minimize the sound power
radiated by the array while aiming to maintain a high SPL in zone A5,16. Minimizing the
power should reduce the strength of reflections in the dark zone, thus improving contrast.
Further improvement should be obtained from optimizing the source positions for maximum
contrast.
Table III shows the frequency-averaged contrast for the 2×2, 2×50, and 3×50 systems.
In all cases, the ACC R-R-R systems achieved the highest contrasts (results in boldface),
exhibiting the smallest degradation of performance with respect to ACC A-A-A. While an
average 18.6 dB contrast loss was observed for ACC R-R-R configurations in the single
surface scenario, in the ACC M-R-R, ACC A-A-R, ACC A-R-R, and SPM R-R-R cases the
contrast was degraded on average by 58.9 dB, 42.7 dB, 33.9 dB, and 52.9 dB respectively.
This demonstrates the benefits of source optimization using the Null-Split, Far-Align, and
Near-Align techniques and their approximations. Moreover, these results indicate that ACC
implemented on a geometrically optimized array, even for direct sound only, is a more
suitable sound zone reproduction strategy than SPM when strong individual reflections
occur. Comparison of the ACC A-R-R and ACC R-R-R contrasts for the systems with two
surfaces shows an average 9.6 dB gain when using configurations that combine Null-Split,
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Far-Align, and Near-Align instead of sources optimized considering the direct sound only.
D. Robustness to implementation errors
The proposed source optimization techniques will be subject to implementation errors
in practice. This section investigates the techniques’ sensitivity to source and surface po-
sitioning, and to reflectivity errors. The techniques are represented by 2×2 arrangements
optimized for a single surface (ACC R-R-R) from Sec. V.C, and compared with SPM (SPM
R-R-R). Random source and surface position errors were drawn from independent normal
distributions for x and y coordinates. Normally-distributed errors to the surface reflection
coefficients were introduced similarly. In each case, the procedure was repeated for 100 trials
and the mean acoustic contrast over all trials was obtained.
The source position errors had one standard deviation (1 s.d.) of 0.25 mm and 5 mm,
which can be regarded as manufacturing tolerance versus manual placement. Surface errors
had 1 s.d. of 1 mm and 100 mm, which represent minor and major displacement in relative
position. The reflection coefficient was perturbed from the default value γ = 0.8 with 1 s.d. of
0.02 and 0.05. Errors were applied before or after source weight calculation, i.e., calibrated
errors at setup or uncalibrated error at playback.
It was found that the techniques are generally most sensitive to source position errors,
although the contrast degrades gracefully as in anechoic conditions. For instance, for the
calibrated Null-Split technique (ACC R-R-R, North), the largest source and surface errors
resulted in contrasts of 25.2 dB and 32.4 dB (losses of 8.1 dB and 0.9 dB) respectively.
Calibrating the ACC techniques’ source weights typically recovered at least 2 dB contrast
with respect to uncalibrated position errors (improvement could also be achieved by ap-
propriate regularization1). This gain was most pronounced for Near-Align (ACC R-R-R,
West): e.g., the largest source error gave 33.0 dB calibrated (2.3 dB loss) versus 17.0 dB
uncalibrated (18.3 dB loss). The largest surface error produced 34.1 dB calibrated (1.2 dB
loss) compared to 10.5 dB uncalibrated (24.8 dB loss), as the Near-Align technique relies
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on destructive interference between direct and reflected sound for cancellation in the dark
zone. From its much lower ideal-case performance, SPM was generally less sensitive to er-
rors in terms of contrast than the ACC techniques, which nevertheless outperformed SPM
in all error conditions except for uncalibrated surface errors in the ACC R-R-R, West case.
Overall, the ACC techniques gave twice the contrast of SPM with large position errors. The
effect of reflection coefficient errors was negligible in all cases (less than 1 dB). These results
support the previous conclusion that ACC combined with the proposed source optimization
techniques is the most effective sound zoning strategy with strong individual reflections for
a limited number of sources.
E. Discussion
The findings from Secs. V.A–V.D may have significant implications for the design of
sound zone systems. First, the Null-Split, Far-Align, and Near-Align techniques, selected
according to the guidelines from Sec. V.A, are valid strategies for limiting the impact of
strong reflections from a single surface on acoustic contrast. This was demonstrated for
a 2×2 system in Sec. V.B.1. Second, the Far- and Near-Align arrangements, or their ap-
proximations, can maximize contrast for systems with a larger number of setup sensors and
sources, as shown in Secs. V.B.2 and V.B.3. This result may influence the specification
of candidate source locations when optimizing large systems, by indicating alternatives to
conventional linear or circular arrangements. Third, the Null-Split, Far-Align, and Near-
Align techniques can provide a framework for the optimization strategy in cases when strong
reflections are generated by more than one surface, as shown in Sec. V.B.4. Finally, ACC
combined with the Null-Split, Far-Align, and Near-Align techniques have the potential to
realize substantial gains in contrast with respect to alternative approaches to sound zone
generation when strong isolated reflections are present, as demonstrated by the results from
Secs. V.C and V.D. Such a combination may therefore be utilized to avoid passive acoustic
treatment on the problematic surfaces.
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VI. Summary
Optimization of source positions for the ACC-based small sound zone systems with
strong individual reflections was investigated. Analytical study of a 2×2 system resulted in
three techniques that reduce the reflected sound pressure in the dark zone: Null-Split (array
optimally oriented with respect to the dark zone and surface); Far-Align (array aligned away
from the dark zone and surface); and Near-Align (array aligned between the dark zone and
surface). Source locations that increase the contribution of the bright zone sound pressure
to contrast were also determined analytically. The analytical findings provided the basis for
a set of design guidelines for system configuration, developed using simulations: Null-Split
should be used for zones at the same or similar distance to the surface, whereas the Far-
and Near-Align configurations are most suitable when the surface is closer to the dark or
bright zone respectively.
Numerical optimizations validated the analytical solutions and demonstrated their ap-
plicability to larger systems and to the condition when two surfaces give strong reflections.
The arrays optimized using the Null-Split, Far-Align, and Near-Align techniques, or their
approximations, limited the contrast deterioration with respect to the upper limit achieved
under anechoic conditions to 19 dB on average, outperforming the SPM method by 34 dB.
Future work could include experimental validation of the techniques and investigations on
higher order source arrays and reflections. The influence of the techniques on the perception
of sound in the zones should also be examined, for instance by investigating the acceptability
or distraction of the interfering sound programs2,35.
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TABLE I: Comparisons of sound zone systems under anechoic and reflective conditions
reported in the literature. Contrast values are based on figure readings. In all examples,
the acoustic contrast control method was used.
Study Source array Frequency range Acoustic
environment
Acoustic
contrast
Elliott and
Jones4
Two loudspeakers
face to face
0.05–1 kHz
Anechoic room >28 dB
Reflective room >22 dB
Jacobsen
et al.9
Sixteen point sources
around zones
0.1–1 kHz
Simulated anechoic >27 dB
Simulated reflective >10 dB
Elliott et
al.13
Three point sources
in a line
0.1–2 kHz
Simulated anechoic >9 dB
Simulated diffuse
(20% influence)
>4 dB
Cheer10
Eight point sources
forming four compact
arraysa
0.1–0.7 kHz
Simulated anechoic >30 dB
Simulated
reflective
>25 dB
aExample configuration. Similar performance trends were observed for other source ar-
rangements at low frequencies.
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TABLE II: Components of the squared sound pressure at the nth monitor sensor in zone
B, generated by a 2×2 pressure canceler. Superscripts D, R, and ′ indicate relationship
with the direct sound canceler, the reflection canceler, and the reflected sound respectively.
OˆDBn = sin (kd (cos θBn − cosφB) / 2) / sBnrB
OˆD
′
Bn = γ sin (kd (cos θ′Bn − cosφB) / 2) / s′BnrB
OˆRBn = γ sin (kd (cos θBn − cosφ′B) / 2) / sBnr′B
OˆR
′
Bn = γ2 sin (kd (cos θ′Bn − cosφ′B) / 2) / s′Bnr′B
OˆDD
′
Bn = 2OˆDBnOˆD′Bn cos(k(sBn − s′Bn))
OˆDRBn = 2OˆDBnOˆRBn cos(k(rB − r′B))
OˆDR
′
Bn = 2OˆDBnOˆR′Bn cos(k(sBn − s′Bn + rB − r′B))
OˆD
′R
Bn = 2OˆD′BnOˆRBn cos(k(sBn − s′Bn − rB + r′B))
OˆD
′R′
Bn = 2OˆD′BnOˆR′Bn cos(k(rB − r′B))
OˆRR
′
Bn = 2OˆRBnOˆR′Bn cos(k(sBn − s′Bn))
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TABLE III: Frequency averaged acoustic contrast produced by systems based on the ACC
and SPM methods. A and R denote anechoic and reflective conditions at source position
optimization—source weight calculation—sound field evaluation stages respectively, and M
represents the median value.
Surface Method
Contrast (dB)
2×2 2×50 3×50
None ACC A-A-A 54.6 56.4 93.9
North
ACC M-R-R 4.0 7.4 26.0
ACC A-A-R 16.6 16.6 20.9
ACC A-R-R 14.6 17.6 53.8
ACC R-R-R 33.3 34.5 74.6
APM R-R-R 12.1 15.8 19.6
East
ACC M-R-R 1.4 3.4 19.0
ACC A-A-R 38.2 38.4 62.1
ACC A-R-R 34.4 38.7 79.5
ACC R-R-R 42.8 45.3 81.2
APM R-R-R 15.9 16.3 18.6
West
ACC M-R-R 5.0 7.6 11.3
ACC A-A-R 12.5 12.5 12.6
ACC A-R-R 16.2 16.8 38.5
ACC R-R-R 35.3 38.3 62.2
APM R-R-R 13.1 13.4 13.7
East,
North
ACC A-R-R 14.3 17.6 46.4
ACC R-R-R 30.4 31.7 54.8
East,
West
ACC A-R-R 14.9 16.3 24.1
ACC R-R-R 20.5 23.6 30.0
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